1 Method for creating a representation of a calculation result linearly
dependent upon a square of a value 5 Description The present invention
relates to the creation of a representation of a calculation result

| i nearly dependent upon a square of a value, such as a sum of squares of a
10 group of values as is required, for fxanple, in sone audio encoders, in
whi ch according to a psychoacoustic nodel frequency lines are conbined to
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processor signal energies of the frequency groups.
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In modern, filterbank-based audio encoding methods, such as
MPEG Layer-3 or MPEG AAC, a psychoacoustic model is used in
the encoder. 1In this psychoacoustic model, the ¢total
spectrum of the audio signal transformed intoc the frequency

20 range 1is divided into individual frequency groups of
varying widths and/or varying numbers of frequency lines
per frequency group. For the calculation of the
psychoacoustic listening thresholds, for the decision if
center/side stereo encoding should be used, and for the

25 evaluation and/or calculation of the scale factors in the
quantization meodule of the audio encoder, the signal
energies of the audio signal portions in the individual
frequency groups are calculated in the psychoacoustic
model. This 1is effected by squaring each individual

30 frequency line, resulting in the line energies, and
subsequent summation of all line energies in a frequency
group to form the band energy of a frequency group, of
which there may be about 40 to 60 per audio channel in the
case of for example MPEG AAC.

35
In the folleowing, the special application of an
implementation of such a method in a fixed-point processor
shall be considered.



shal |l be considered. 2 1In fixed-point representation, the frequency |ines
are represented with a word width of for exanple 24 bits or 32 bits. A
word width of only 16 bits is not suffiéient. A 5 gl obal scaling factor or
a shifting factor is used, which appliésto all frequency lines of an
audi o channel and also to all frequency lines of all audio channels
processed in an encoder, and which determ nes by how many positions each
frequency line value nust be shifted to the left or the 10 right so that
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with &5 generally high dynamics of the ind1VLdual amplitudes of the
frequency lines, this has some of the frequency lines
represented with relatively high accuracy, such as for

example 22 valid bits with a word width of 24 bits or 30

valid bits with a word width of 32 bits, whereas others are

20 represented with only few wvalid bits and therefore rather

inaccurately.

In the implementation of the above-mentioned filterbank-
based audio encoding method in a fixed-point processor,
25 problems as described below will arise.

Firstly, the problems concern the representation of the
signal energies themselves. By means of the squaring, the
signal energies, that 1s the summed up sguares of the
30 frequency lines, have obtained dynamics double those of the

frequency lines if the total accuracy is to be maintained.

There are indeed various possibilities to represent the
signal energies. One possibility is the representation of
35 the signal energies by a data type having a word width
double that of the data type used for the representation of
the frequency lines, that is for example a data type with a
width of 48 bits or 64 bits. Imagine, £for example, a



width of 48 bits or 64 bits. Imagine, for exanple, a - 3 frequency line
wth 22 valid bits represented by a 24 bit data type. Based on the
sumat i on, the signal energy woul d, gether with the other frequency

i nes, have at |east 44 wvalid blts andwoul d be represented in a 48-bit
data type. 5 This procedure, however, is not feasible at |least for 64- bit
energies, that is in cases, in which the frequency |ines are represented
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A further problematic field in the inplenentation of the above-nentioned

-filterbank-based audi o encoding nethod in a 35 fixed-point processor is

t he reéprocdssimgr ofasise bdilgnat of the representation of the signal

energies is the representation by a floating-point data
type by means of mantissa and exponent. Again assume the
above-mentioned exemplary case that a frequency line with
22 wvalid bits it represented in a 24-bit data type. The

20 signal energy o©f the respective group would then be
represented in a standardized or proprietary floating-point
data type with 16-bit mantissa including sign bit and 8-bit
exponent. Here, it is immaterial if a standardized
floating-point data type, such as IEEE-P754, or a

25 proprietary floating-point data type with arbitrarily
chosen mantissa and exponent widths, is concerned. On a
fixed-point processor without a floating-point calculating
unit, calculations with floating-point data types will
always have to be emulated by several calculation steps and

30 will therefore be extremely slow, so that this procedure is
not feasible.

A further problematic field in the implementation of the
above-mentioned filterbank-based audio encoding method in a
35 fixed-point processor 1is the reprocessing of the signal
energies in the course of the encoding method. The signal
energies and -the listening thresholds derived therefrom are

used 1in the further routine of the audio encoder at



energies in the course of the encoding nethod. The signal energies and the
| istening thresholds derived therefromare wused in the further routine of
t he audi o encoder at - 4 nunerous ditfgrent pl aces in the algorithm for
exanple in order to calculate ratios or quotients, for exanple between
signal energy and listening threshold. The required division is not easy
to performon a fixed-point processor. 5 One possibility of performng a
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15 expenditure involved.

Another possibility of implementing a division in a fixed-
point processor is the wuse of tables, possibly in
connection with subseguent iteration steps for increasing

20 the accuracy of the division results. This procedure,
however, is often not feasible as for the required accuracy
of the division result, either a very large table must be
used or subsequent iteration steps will in turn have a high
demand for calculating time.

25
Both methods mentioned may be wused in a fixed-point
processor in connection with fixed-point data types or
floating-point data types emulated per software, which,
however, in none of the cases provides for a sufficiently

30 efficient application with respect to calculating time and
memory consumption with simultaneous result accuracy.

The above-mentioned problems would not occur if a GPP
(General Purpose Processor) were used. For many
35 applications, however, the use of processors having a
higher performance than fixed-point processors without a
floating-point calculating unit is automatically out of the

question because of the high pricing pressure and the high



(CGeneral Purpose Processor) were used. For many 35 applications, however,
the use of processors having a higher perfornmance than fixed-point
processors without a floating-point ga%culating unit is automatically out
of the question because of the high prfcing pressure and the high - 5
nunber of pieces. Exanples of such applications are nobile phones and
PDAs. US 6, 754,618 Bl responds to the problemof the SMR 5 cal cul ati on,
that is theuslhetubat pdrces .t Hxamgatlies bef weerh spghitateibengyaandmbbifieni ng
threshol d, ,ppd.dogsySppRgai nst  a backdrop of the use of fixed-point DSP
chips. In “accordance with the procedure proposed therein, first the usual
w ndowi ng and subsequent Fourier transformation for 10 the deconposition of
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into &3 ogaeindinterther into the creation of signal energies of the
groups of frequency lines, the method could also be
continued based on the signal energies of these groups. The
content of this document is the attempt to remove the
problem that the input data, that is the.energies, mostly

20 have dynamic range that is too large, as most fixed-point
DSP chips comprise a data width of only 16 to 24 bits,
whereas the MPEG standard would require a data width of 34
bits, that is a dynamic range of 101 dB. Therefore, the
energies would first have to be scaled. In particular, a

25 proposition is made to digress from the former procedure
and use two different scaling wvalues. More precisely, in
accordance with this document, the energy is compared to a
threshold and scaled upward or downward, respectively, in
order to be able to represent the logarithm result with

30 sufficient 16 bits at a transition into a logarithmic
range, and in order to be able to calculate the SMR ratio
in the logarithmic range with 16 bits. Depending on whether
an upward or a downward scaling is performed, a different
table for the thresholds is used. For taking the logarithm,

35 a common logarithm times 10 is used, so that the unit dB
will be obtained. If the result of taking the logarithm of
the upwardly scaled line energies is zero, the SMR ratio
will be calculated by taking the logarithm of the upwardly



range, and in order to be able to calculate the SMRratio in the

| ogarithmc range with 16 bits. Dependi ng on whether an upward or a
downward scaling is perfornmed, a different table for the thresholds is
used. For taking the logarithm 35 a cofmdn logarithmtines 10 is used, so
that the unit dB w Il be obtained. If the result of taking the |ogarithm
of the upwardly scaled line energies is zero, the SMRratio wll be
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Iogarlthnlc.ragg ﬁnd agbseg ent back conversion. US 5,197,024 generally
deal s mﬁtH055 EO SKEEFSPPE gapgpﬁﬁﬁsors, is laid out only after the

15 logarithm calculation, while the taking of the logarithm as
such is still performed on the energies present with high
dynamics, which results in the necessity of as much as two
takings of the logarithm per energy value.

20 It is therefore desirable to simplify the transition into
the logarithmic range also, without there occurring a loss
in dynamics.

US 5,608,663 deals with the fast execution of parallel
25 multiplications of floating-point numbers by means of
conversion into a logarithmic fixed-point format, addition

in the lecgarithmic range and subsequent back conversion.

US 5,197,024 generally deals with an exponential/logarithm
30 calculation and a respective apparatus.

US 6,732,071 deals with an efficient solution for a rate
control in audio encoding, and for the determination of the
quantization parameter value uses a loop iteration with a

35 completion condition, according to which the quantization
parameter value is compared to a term derived from a
logarithm dualis of a term depending on a maximum frequency
line value.



30 calculation and a respective apparatus. US 6,732,071 deals with an
efficient solution for a rate control in audio encoding, and for the
determ nation of the quantization parageter value uses a |oop iteration
with a 35 conpletion condition, accoraiﬁg"to whi ch the quanti zati on
parameter value is conpared to a termderived froma |logarithmdualis of a
term dependi ng on a nmaxi mum frequency line value. - 7 US 6,351, 730
describes the use of a logarithmdualis for a gain calculation within

audi o encoging. e i I ar. r.t j I LQNn_.in an
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linearly e n uare of a value, the calculation result being
pr esent iﬁgﬁﬁgg-g%tHB?e%?géghtation with no | ogarithmtaken, includes 25

procedding means for performing a processing of the x- bit representation
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result is result linearly dependent upon a square of a value, so that
the calculation is simpler or possible with less hardware
15 expenditure.

This object is achieved by an apparatus according to claim
1 and a method according to claim 18.

20 The inventive apparatus for creating a representation of a
calculation result linearly dependent upon a square of a
value, the calculation result being present in an =x-bit
representation with no logarithm taken, includes

25 processing means for performing a processing of the x-
bit representation with no logarithm taken of the
value, 1in order to obtain the calculation result
linearly dependent upon the value, wherein the
processing means 1is configured to use an effective

30 scaling factor, such that the calculation resuit is

scaled in dependence on the effective scaling factor,

means for taking the logarithm for applying a logarithm
function to a y-bit representation of the calculation
35 result, of which no logarithm is taken and which is
obtained either indirectly or directly from the
processing by the processing means - that is for

example by picking out bit positions, in order to



scal ed in dependence on the effective scaling factor, means for taking the
| ogarithm for applying a logarithm function to a y-bit representation of
the cal culation 35 result, of which no bogarithn1is taken and which is
obtained either indirectly or directly fromthe processing by the
processing nmeans - that is for exanple by picking out bit positions, in
order to - 8 obtain a scaled representation with the |ogarithmtaken of
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the scal ed cal gl afj0 8583%&1011 r%r%['{ Yard/d£58 %Q@Pege clidsl
n va

rescal i ng neans for a ubtra a correc ue to or ron1
respectively th@eséageﬁltb@aﬂﬁﬂhm1cofrébEeSEhﬁbmiomalﬂhl@hl@@rﬂ@§pdmds to
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effectlve scaling factor, in order to obtain a representation with the
| ogari thm taken of the - now no longer scaled - calculation result. It is
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the logarithm funhction af to the scaling 25 factor, to or from
respectivel y thengesl ege %ﬁarlFﬁﬁFElaFéBPe§§ﬁPéFlon wi thout any | oss of
dynamics. It is therefore one advantage of the present invention that in

the |nvent&¥e nangge fﬁﬁgfgéﬂk) éhergﬁ%g%%tna¥nventlon that in the
15 transition into the logarithmic range, it is not necessary
to take into consideration the entire bit width of the
result linearly dependent wupon the square of a wvalue,.
Rather, it is possible to scale the result of a value with

X bits such that a representation with less than x bits of

20 the result is sufficient to obtain based thereon the
logarithmic representation. The effect of the scaling
factor on the resulting logarithmic representation may be
cancelled by adding or subtracting a correction value,
obtained by the logarithm function applied to the scaling

25 factor, to or from respectively the scaled logarithmic

representation without any loss of dynamics.

It is therefore one advantage of the present invention that
in the inventive manner, a plurality of results may be

30 transferred into a logarithmic representation in a way such
that, subsequently, the scaling level will be the same for
all, with the dynamics substantially maintained.

According to an embodiment of the present invention, the
35 processing of the x-bit representation of the value
consists in the creation of a sum of squares of a group of
values in order to obtain the calculation result linearly
dependent upon the wvalue. Instead of performing the



30 transferred into a logarithmc representation in a way such that,
subsequently, the scaling level will be the sane for all, with the
dynam cs substantially naintai ned. According to an enbodi ment of the
present invention, the 35 processing‘09 The x-bit representation of the
value consists in the creation of a sumof squares of a group of val ues
in order to obtain the calculation result linearly dependent upon the

val ue. | ns¢esdcofvpestal hhagrhbheor dnief fectdveriscatinguf acton eml ynafter
t he calculatlon:pf the sum of gﬂﬁ%res however, the x-bit representatlons
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t he individual "values and to the sumof the in ual squares.
conmon  sRFPFEARERt BRkRE dét onsidd et emastamel RukPBRIBqUATEsting not

subj ect ed tpomvemnll oy asi a1 r eskhibtQbont hei SHMERLI@N. re ACHE LR DP; Qs t @fs
enbodi nent . t he Ifgﬁrlthn1fu ction PS 15 perforned on a section of the

x-bit repredent 51 3R° wi t hno P Fogir fﬁn1FSPéﬁSSPt?ﬁéogunFBFm§&uarEQlSIn
this éfbocegeanlly spplitbetadvhat agearesmaifntaieneddtikhatiuthe vanoeedune nmay
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logarithm taken of the sum of squares. In this embodiment,

too, the advantage is maintained that the procedure may be

- used for several groups of wvalues so that on the one hand

the values of the individual groups are scaled with a

20 different common scaling factor, and on the other hand the

subsequent scaling level is the same for the logarithmic
representation of all sums of squares.

According to another preferred embodiment of the present
25 invention, a logarithm dualis is used as the logarithm
function, together with a factor that is less than or
equals 1/y. In this way, it is possible to carry out the
mapping between the y-bit representation of the calculation
result and the scaled representation with the logarithm
30 taken of the calculation result in a manner that optimally

utilizes the value ranges of both representations.

According to another embodiment o¢f the present invention,
for audio encoding, the spectral line values of a group are
35 subjected to a creation of sums of sguares in the above-
mentioned manner group by group, that is by scaling the
spectral line values prior to the calculation of the sums

of sguares, wherein the frequency line values are present



mappi ng between the y-bit representation of the calculation result and the
scal ed representation with the | ogarithm 30 taken of the cal culation result
in a manner that optimally wutilizes the value ranges of both
representations. According to another éffbadi ment of the present invention,
for audi o encoding, the spectral line values of a group are 35 subjected to
a creation of sunms of squares in the above- nentioned manner group by
group, thatilisay schlitngfiked-ppectralatanefomiates wirdhor nbo 1H@arithm

cal cul ati on-pfet hepsu squar rein the.frequency |line values are
present - 10 TH akr)1§x-gglm%n9?‘igxe -pi'g}?%t ¥\%§ g %sznﬁq’tln\ﬁ%‘t%n %%"Y"’}%egsari‘t’}ﬁh?htaken,
by sunmi ng &9t HBuU$eshEt ipFgssimigl i stjuar asbinhifdhied-tpad ntusit befprmsent in
the x-bit fdmxed- pgint i@ A Or ‘ a i he | ogari.t hm functi on
conpri s'gng t ?5 tngi%%go?lrﬁﬁe%tgga??%%%\?\nx{nh%%é%%r %pﬁp&&&éﬂgs BRg t he
scal i ng°wi tH THE akt 6Pl dogaghdhmoridduathe o loprrishmheluadum afindquiae es,

and by adding:ningublrRcthag faars ecisoncnal ug ablainedof om the gpgmon
scal i ng facsjtu(%{ g%/ thg Iogarlthrgfun%%mn to or from respectively, the
x-bit 10 fiXxed-Dpoi AEFERFesERCatIor It iheCF e SRt IGCialg iy eneredivbami t hm
In this wayalure sibgrdnesherfgioas oheal bospest r akalghgupgaatermahjt aiped on
the same sgaldng digvels W t . reduci the dynam ¢s. In addjtion, each of
t he cal cul at.idng org&e/réff’,}pﬂgtr%g%#aytge Per forited By S ﬁslv(?flya chPBul BTPHYy unit
15 cont? guleé& s prdcegsiprg skintadipoi nofnuniber sredutt x dfi t sakonky. tddi s
enbodi ment Jigg e ors, agy-@t‘@go%' 1 i |.S: POSSED to i npl epent
an audi o enc??der in a 16- or 24-" bit |rgxle -p%i%\?e%@Pg% ?%O‘Jﬁ lt?r%e%g%% sity

of conpl ex I5PEGT afhf nFAARTR RS | ABr ddved seakec sl g t ilewedx pentdiowr e 20
i nvol ved. Iredue rooldrenidyganpiref erre tembod et sc19f o £ hendresentia ;jiW%”“ on
are discussed It @eAtely 958 e YR8 OB0°RahS oS ASSOPAY g Gr &l nos,
15 configured for processing fixed-point numbers with x bits
only. This embodiment is therefore advantageous in that it
is possible to implement an audio encoder in a 16- or 24-
bit fixed-point DSP without the necessity of complex

programming with the increased calculating-time expenditure
20 involved.

In the following, preferred embodiments of the present
invention are discussed in greater detail with respect to
the accompanying drawings, in which:
25
Fig. 1 is a schematic representation for illustrating
the structure of a 32-bit fixed-point data
format:

30 Figs. 2a are schematic representations of a squaring
and 2b of a 32-bit fixed-point data value for
illustrating the effect of values too small on

the 64-bit fixed-point result;

35 Fig. 3 is a graph of a logarithm function according to
an embodiment of the present invention;



Fig. 1 is a schematic representation for illustrating the structure of a
32-bit fixed-point data format; 30 Figs. 2a are schematic representations
of a squaring and 2b of a 32-bit fixed-point data value for illustrating
the effect of values too snall on the 64-Dbit fixed-point result; 35 Fig. 3
is a graph of a logarithm function according to an enbodi nent of the
present invention; - 11 Fig. 4 is a schematic bl ock diagram of an

apparatus Fog. ¢reatimgaasshametisqidoex aticendinng i oagnappabadiperbof the
present invention; 5 Fg§k-5 is_a block diagram of a.gossi?le inFIenentation
of the apparatus of Fi'g 4:9Fig. 6°s &4 oMt fOr?TPtR?ratPngifhe
function of the appzmatdsneactcorli Dgetprésgnt SinmentlOnFig. 7 is a
schematic bl ock diagramfor illustrating an audio encoder according to an
enbodi ment_of the present invention. 15 In the follow ng, the present

i nvent Pon 59 de3cri bedl ar &l@ak rdiadraneoti gureesailel ¢ r égpésmeytagaonst t he

backdrop of the audi®f sighaippsiesessi Hg apg. specifically audio signal
encoding. As will be explained in greater "detail follow ng the description

of the figures, the 20 present invention is not limted to this application
field, burighié setisng pledoahaant Ifsrservasstadacd | that eunvngdensbandi ng.
Bef ore enbodi nents of, the present invention are_explained, 25 in greater

detail, in the fol | oWHg R TATFDAUCTY BAES “YhELE- enbodfftents, which is

sone KRiOnd of overview and nekes the advantages of the follow ng

enbodi ments; better der Is i eg r - ' -3, ...30
Fig. 2 shomggthe str%%tﬁr%kggﬁgtggsgﬁgﬁg!%%ﬁﬁgéﬁiggg-%g}ﬁ%g§at}na an
audio encoder according to an embodiment of the

present invention.

15 In the following, the present invention is described
referring to the figures and frequently against the
backdrop o©f the audio signal processing and specifically
audio signal encoding. As will be explained in greater
detail following the description of the figures, the

20 present invention is not limited to this application field,
but this setting predominantly serves to facilitate
understanding.

Before embodiments of the present invention are explained
25 1in greater detail, in the following an introduction to
these embodiments, which is some kind of overview and makes
the advantages o©f the following embodiments better

understood, is supplied referring to Figs. 1-3,.

30 Fig. 2 shows the structure of a possible 32-bit fixed-point
data format, which is the exemplary basis of the following
embodiments discussed. The represented 32-bit data format
may easily be applied to other bit counts as well. As can
be seen, a value stored in the 32-bit fixed-point data

35 format comprises 32 bits. A 32-bit register therefore
suffices for storing this wvalue in the 32-bit fixed-pocint
data format. Such a register is designated in Fig. 1 with
10. The 32 bit positions are hinted at with individual



data format, which is the exenplary basis of the follow ng enbodinents
di scussed. The represented 32-bit data format may easily be applied to
other bit counts as well. As can be seen, a value stored in the 32-bit
fi xed-point data 35 format conpri ses 32%its. A 32-bit regi ster therefore
suffices for storing this value in the 32-bit fixed-point data format.
Such a register is designated in Fig. 1 with 10. The 32 bit positions are
hinted at sytarésdinvmbealed A2 ..squar €sopunbies edeXet. . sig@ilricont t e tl east

significan i L t e nost. .significant bit . ( ._The, neani ngs of
the i ndi vi &%%ff’%bit%’ ;?ﬁﬁﬁ%%g as&gélrl(]t}slrﬁ%rito Yhe é%§§i)t‘%dmeﬁ8?ﬂ?5d£&a
format ar et nitediatdbal obithposndivhduakbcbirtiigpasi tthens$2-Ad tcdn xeel-seen,
the nost sigpifi i present.s .t L gp_of t va b q€aq T Q0 -
The renai ﬂ%fgng biat%?angoér-m% égérgls%tt\%g %g%ﬁ?ﬁgerﬁ}et ILefg\i/};{ %3;1 Redor di ng
t o t hedenbRe? HEheN®f FRy. 2ant hbse Beed.rephesemnpsta srigeiffrigemitonpiit. e.

the data fpepBésdReés andragtionabs 10.fd Xegdspod nt data formpt, Jn which, by
convention, the point,6 or_the conma is positioned In the |eftnost |ocation,
i.e. on the"#tft2%aRdtsi §e bef¥r &MEes8othanBagal tadpnothéher ggilscer 10

can therefdteobeivypteserd ambdfiMernt(ok) Figh 1X 2h2Le biksOPeph® seait
easily be seen resent abl e range_of  t fractional

t r al u .
fi xed- poi nt d&S P%rrar% T8kt endfS - f r%‘r% St ok PREEE I51(;(\)ex]cfr ugi FERFtipngd
excl udilvel §ided20o0st hast beEardascussedhiinht heydesarviepttiion,i nheogediton of
Lhe present. i BYENia S1ON3Ls eRERALES Lo EXADEEALE 10RLRLARA By Jreans
of squaring the frequency |ines an sunmm ng up a squar e requency
lines, i.eoPtHdd | hefpshanpar gvide hefpre efiibndipogr Al Vhdusunber tdfe t he
lines contahigdetM@ E480HREEYFHLAUBCL! BRPREsEEAM4 tO 96 in the

30
X = (1)) x, -2l
i=0

As can easily be seen, the representable value range of the
fractional fixed-point data format extends from
approximately exclusively -1 to exclusively 1.
20
As has been discussed in the description introduction of
the present invention, signal energies for example are
obtained by means of squaring the frequency lines and
summing up all squared frequency lines, i.e. the line
25 energies, 1in a frequency group. The number of the lines
contained in a frequency group ranges from 4 to 96 in the
example of MPEG Layer-3 and MPEG AAC.

As has also been discussed in the description introduction
30 of the present application, it is possible to represent the
frequency line values in a fixed-point data format by using
a global scaling factor that applies to all frequency lines
of an audio channel and even to all frequency lines of all
audio channels processed in an encoder, and that determines
35 by how many positions each frequency line value is to be
shifted left or right on the side of the decoder, so that

the original scaling may be reobtained. In order to subject



exanpl e of MPEG Layer-3 and MPEG AAC. As has al so been discussed in the
description introduction 30 of the present application, it is possible to
represent the frequency line values in a fixed-point data format by using
a global scaling factor that applies oAl frequency lines of an audio
channel and even to all frequency lines of all audio channels processed in
an encoder, and that determ nes 35 by how many positions each frequency

| i ne val uesisht o3bebishi firddtebinor dight oaltbe sbde af thaedepoder, so

that the ]! S i.n be r ai ned. . rder to subject - 13
such 32-bi?E??éggéﬁoﬁg%hd%tgﬁza:ﬁésggﬁgawPfxe39ggﬁnﬁx)ﬁ?oé@@@% lﬁptﬁ%a
32-bit datagwsreswifgtrh the acalombatbonobf shearsesiforsigeataloeratiesn of
the audio ehgnaroenshohgs pabhe febLawtngelns! cplequl bemepts Mgl b, et
for an 5 efficient inplenmentation of the calculation of the audid signal
energi s febR EheNf r dfirdp@Etatden ThE fihequentsulahben mest bleer eprésent ed
Wth a worgignbdtonetgdsbitem dRebitkeqgabfcpotignkticient. 10 The audio
signal energies nust also be represented in a fixed-point data format and
not in a floating-point data format. 15 - The audi o signal energies mnust
be represent ed Tie afrdaguancypel méd auwdr bev déprogehaegeryitdrana 32dbid s.

This results in a rd-width. of 32.bits for the audig. sigpal energies as
wel | . 20 The sB%%?gﬁ %%%%%i%%ﬁ?s i? %ﬁgsp?ﬁgeﬂ?tiﬁvgﬁ%Fbﬁﬂgescribed inthe
fol |l oWOng neet all these basic requirenents, although it nust be noted
that a less effigdentqihmekerent atj9n MRy Heobialned i { f .t hese
basic requirenents aré netg As m}#ﬁﬂﬁé di scusse ?at%r SE?EE?hkggzgg#or
exanmpl e not absdl Gi8e¢-ReéeEsdpfat Harnate alierki §hap feRetdindspodniti mi t ed
in their word wigtf termz2tbits. The reprocessing of the audio signa
energies only is to be
15 - The audio éignal energies must be represented in a
data type with a word width no larger than 32 bits.
This results in a word width of 32 bits for the audio

signal energies as well.

20 The special embodiments of the present invention described
in the following meet all these basic requirements,
although it must be noted that a less efficient
implementation may be obtained if not all of these basic
requirements are met. As will be discussed later on, it is

25 for example not absolutely necessary that the audio signal
energies be limited in their word width to 32 bits. The
reprocessing of the audio signal energies only is to be
limited to a 32-bit fixed-point representation.

30 From the above requirements, the feollowing problem in the
calculation of the audio signal energies arises. The
squaring of the 32-bit frequency line values first yields

line energies with a word width of 64 bits, wherein,

however, the 32 bits - in the case of the following
35 embodiments, the lower 32 bits - are discarded in the
further  processing, and the fractional arithmetics

continues with the upper 32 bits only.



limted to a 32-bit fixed-point representation. 30 Fromthe above
requirenents, the follow ng problemin the calculation of the audio signal
energies arises. The squaring of the 32-bit frequency line values first
yields line energies with a word wi dt B%f 64 bits, wherein, however, the
32 bits - in the case of the follow ng 35 enbodlnents, t he Iomer 32 bits -
are discarded in the further processing, and the fractional arithnetics
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the 32-bit fixed-point data tornmat f the two“val ues so
that a 64-YRRSF dqftion sl4a aanfde 1PWeR P@r’éh@fﬁ)u 41Pnto the output register
14 in a 64-bit fixed-point data format. Thus, the upper portion 15 14a of
the output_regis 4 covers the first 31 blnar ositigns after t
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word, the aippérbid EF¥§dOP°FW§ é&?ﬁhlf?rﬁﬂtblFhﬁﬁdef?ﬁ%U?Qper portion
15 l4da of the output register 14 covers the first 31 binary

positions after the comma, whereas the lower portion 1l4b

covers the remaining binary positions.

Figs. 2a and 2b show situations in which different
20 frequency 1line wvalues have been written into the input
registers 12a and 12b, so that differing results are

yielded in the output register 14.

Fig. 2a specifically shows a situation 1in which the
25 frequency line wvalue is high, i.e. 0x12345678. As long as
the frequency line values are gated out on a high level,
i.e. occupy a large number of valid bits in a 32-bit data
word, the upper 32 bits of the actually 64-bit wide result
in the output register 14 are sufficiently accurate in
30 order to express the result and/or the square. The error
that is made when only the upper portion lﬁa is used rather
than the complete result amounts to only 0x000000003beS%b080

in the case of Fig. Z2a.

35 Fig. -2b shows the case of a small frequency line value in
the input registers 12a and 12b respectively, 1i.e.
0x00004321. Such frequency line values also occur, as, as
has already been noted, all frequency lines of at least one



in the output register 14 are sufficiently accurate in 30 order to express
the result and/or the square. The error that is nmade when only the upper
portion 14a is used rather than the conplete result amounts to only
Ox000000003be9bBO in the case of Fig. 121 35 Fig. 2b shows the case of a
smal | frequency line value in the input registers 12a and 12b
respectively, i.e. 0x00004321. Such frequency line values al so occur, as,
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In view of the examples of Figs. 2a and 2b, it appears to
be necessary to first consider all 64 bits of the output
register 14 in subsequent processings of the signal
energies. This would, however, reguire numerous complicated

20 64-bit data operations, i.e. operations with 64-bit
operands, and infringe upon the above-mentioned basic
requirements for an efficient implementation.

If, however, the upper 32-bit portion of each signal energy

25 wvalue in the output register 14 is actually to be used
only, an improvement may first be achieved by shifting all
frequency line values in a frequency group to the left by
the same number of bits prior to the squaring, by which the
results thus contains a larger number of valid bits in the

30 upper 32-bit portion of the 64-bit result, or by shifting
the result in the result register 14.

The upper portion 14a of each signal energy wvalue could
then be converted into a logarithmic range by applying a
35 calculating wunit for the calculation of a logarithm
function to the respective upper portion 14a of the signal
energies. The calculating unit would only have to be
capable of taking the logarithm of a 32-bit fixed-point



frequency line values in a frequency group to the left by the same nunber
of bits prior to the squaring, by which the results thus contains a |arger
nunber of valid bits in the 30 upper 32€Pit portion of the 64-bit result,

or by shifting the result in the resulk regi ster 14. The upper portion 14a
of each signal energy value could then be converted into a logarithmc
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This procedure would, however, not be very satisfactory as
in the further processing steps of the audio encoding
within an audio encoder all signal energies must by all

20 means have the same scaling and therefore the shift to the
left and/or the scaling factor increasing the accuracy
would interfere with exactly this same scaling level.

At this point exactly, the effect of a positive property of
25 the taking of the logarithm is shown. As noted above, the
representation of the line energies is maximally accurate
by means of the prescribed shift to the left by for example
s bit positions in the frequency line and/or amplitude
domain, and/or by the scaling by an effective 22° in the
30 signal energy domain subject to said safety distance.
Temporarily, the number of shifts to the left performed in
this frequency group, i.e. the value s, must be noted. If
the signal energy value of the logarithm function shown in
Fig. 3, in the following referred to as LD64(), which was
35 calculated with such high accuracy, is now converted into
the logarithmic range - in the following sometimes referred
to as LD64 format - then same is still present with the

maximum possible accuracy. A shift to the left of the



representation of the line energies is maximally accurate by neans of the
prescribed shift to the left by for exanple s bit positions in the
frequency line and/or anplitude domain,_and/or by the scaling by an
effective 22% in the 30 signal energy dofrain subject to said safety

di stance. Tenporarily, the nunber of shifts to the left perfornmed in this
frequency group, i.e. the value s, nust be noted. If the signal energy

val ue of tﬁeeQOgacythaananAOD BhaWhowncdﬂnbsﬁbndglﬁ@ef69|b&WM@ger%ferred

to as LD64() s Boxcalcula ch hi gh, accur ac .S n

convert ed %nto%h%%e w%ban%ﬁfb # %égs ln %e?%@g%ﬁnﬁﬂeggﬁéFl é&ﬁerred
to as LD64lineant nonhéngeamehmscstahgepresentaﬂU@h the aqnaﬁmmgpaﬁﬁible
accuracy. f,shifit, to,the é&ffe%] ‘i&e - than Iy li%q_%%l ?e% y 1;bit now

corresponds to for exanpl e n the S|gnal
energi s i hOFRELthRkeaFangen- ﬁéga/ﬁﬂhﬁléogahQQGQ %aLQﬁQ§% )t.he squari ng

and this in turn corresponds to an addition of 2/64 in the 5 logarithmc
range, as 2/64 = 92g22)64 = LD64(22). In order to restore the original
scaling in E‘hé’%#eglhal R RER ithe heTlednatorsralinhl yoa bt rdcmiadn with

2*s/ 64 nushebeiesf eat eHe !M)Glliefarﬁla@(?r baIRORAS ub? rialke iRHE\Wiaus |« g1 not ed
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is advantageous for the further calculations in the audio
encoder anyway, with a high accuracy and the same scaling
for all signal energy values.

20 After the above discussion of the principles and advantages
of the embodiments of the present invention, in the
following, the preferred embodiments of the present
invention will be explained in greater detail with respect
to Figs. 4-7.

25
Fig. 4 first shows a schematic representation of an
apparatus suitable for calculating the sum of squares of a
group of N x-bit fixed-point values, while on the one hand
maintaining the dynamic range and on the other hand keeping

30 the hardware expenditure within reasonable limits. The

apparatus is based on the previous considerations.

The apparatus of Fig. 4, which is generally designated with
20, includes x-bit registers 22, 22, ... 22y for storing
35 the N-bit fixed-point values, a sum-of-squares means 24 for
determining the sum of squares of values in the registers
22, -~ 22y in the non-logarithmic range, scaled by an

adjustable effective scaling factor, a first result



to Figs. 4-7. 25 Fig. 4 first shows a schematic representati on of an
apparatus suitable for calculating the sumof squares of a group of N
x-bit fixed-point values, while on the one hand nmintaining the dynam c
range and on the other hand keepi ng 30 tthe hardware expenditure within
reasonable limts. The apparatus is based on the previous considerations.
The apparatus of Fig. 4, which is generally designated wth 20, includes
X-bit regisegist@R12622>r .1aP2MN hor tskorigum 135t hendk buln-birxedpeiRt

al ues, a m: of = ares ns 24 for determ ning the.sum of squares of
val ues i n THe Fedl et BPENSHIPL. GG, {he HOFET b0 Lhnf 0Tr SAEYCTaated by

an adj ust abterefsfiétt iive thealdasp facteyisteef i 26t inesukhe- LD84 rfegimster 26
for | atching esul f +S r s,.R4, nmeans far _taking
A sEggn? $ulst, 19f 1R] SWP of; fgtct @@ L RA Fngg?ngrt

the logarithm or converti'ng the result in resal into
the LDo4 fBeaRs, fog dJedomt rideal Logegishar 280 fuysdaltiotd nmgeahe Bésdlar of

the 5 nmeansebor1taki RAd/RE | QOALId D 28ner 23CRLIAYG MRANS 32 {6, eS¢l i ng
and/or reversin e rescaling of the result in tﬁe result register 30, an

t ] [
out put regFg?ngﬁﬁlFoFe9é§6ﬁFnéo4tﬁ?f??&ﬂu?e§%g%5§%fi§4i§Oéuﬂﬁﬁﬁhﬁwg
rescal ing prangilddl asduleonkr ok ABABGtBBtEBFULERGaNNAL HRAnSCaA NGind
ef fected b%%éﬂ§°%0 sum of.-squares neans 24 is reversed ?g@the rescaling in
2

rescal i ng meARE Pl REH &% r A nig¢ heCROMBne L SesF Pg PPadthGr |
Af ter ltthe swdivfdaghaceapoments 6ff the appatrabeds 29 haee rddbchbeeng in

descri bed, LF:£OO LOn4 N o | o . S res wll be
descri bed f%g§%£l§§|B@%%%%,Qﬁ%erégﬁ eggﬁkh?%teé%ﬁ%gahnfégin |caf§5m3§
respecti veSaprtdn8. fAStAss al ready been nentioned, the val ues to be
subjected 20 to the sumof squares are first present in the registers 221

- 22N int x-bit fixed-point format. As has_al so reviously_been
explained,gfhﬁgeghﬁlﬂﬁét q%ﬁ;ngymﬁgnents of the é%paratusyZO have

15 been described, their cooperation in the creation of sums
of squares will be described in the following, wherein each

interaction is indicated by respective arrows.

As has already been mentioned, the wvalues to be subjected
20 to the sum of squares are first present in the registers
227 - 22y in the x-bit fixed-point format. As has also
previously been explained, these values, which may be
frequency line values, may clearly diverge:from_one another
with respect to the number of their valid bits.
25
The sum-of-squares means 24 now receives these values in
the registers 22; - 22y in order to subject same to a
creation of a sum of squares in such a manner that finally
a sum of squares of the values in the registers 22; - 22y
30 will be present in a fixed-point representation in the
register 26, scaled by an effective scaling factor
adjustable at least indirectly by control means 36. Here,
it is not absolutely necessary that the result register 26,
into which sum-of-squares means 24 writes the sum-of-
35 squares result, have 2x bits. Rather, it will be
sufficient, as is hinted at by the partial dashed-line
representation of the register 26, if the sum-of-squares



frequency line values, may clearly diverge fromone another wth respect
to the nunber of their valid bits. 25 The sum of - squares neans 24 now
receives these values in the registers 221 - 22N in order to subject sane
to a creation of a sumof squares im sdch a manner that finally a sum of
squares of the values in the registers 221 - 22N 30 will be present in a
fi xed-point representation in the register 26, scaled by an effective
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factor information fromcontrol neans 36 In order to output the scaled
result in $helPepideertoeoutpnl how eonledl rABHAS 3B Fhp degépkbme2fhe

scal ing fagh@r holnic@nRLI10MAIHY 056t A8 yeldeErini@SCald Ngch aEhgr FabY ohi ch
10 the result in the result reqgister 26 |s scaled, such that no valid bits
will get |DRECH)LYRRTPBA/ °Ba oft t et pYRcEGRRG "Fes@TERT oY t HB1FT Y st
possi hi0l i tyhe consuidts inn et fedueansgdbranalyziing sl cont eats @hathe 15
registers - in_order to determne the_effective scaling value in
advance sJ%ﬁlY%%fga%lgaeV f%m?%%yf%ééE%yb§vefﬁgogubsequent summati on of the
squares of the values in the registers 221 - 22N. This would occur if no

overflow i e g it.kapscal ¢ i i . .
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of -squares neans 24 indicated in Fig S, at est
"overf | ow®ORFLEFE ARIFBFLEREr Gfansl W janalyzing the contents of the
15 registers 22, - 22y in order to determine the effective

scaling value in advance such that no overflow may occur by
the subsequent summatiop of the squares of the wvalues in
the registers 22; - 22y4. This would occur if no overflow
bits were present in.an addition calculating unit of sum-
20 of-squares means 24 indicated in Fig. 4 with 38, or at the
latest when the “overflown” square and/or energy value is
written into a memory cell that does definitely not offer
any overflow bits, as is the case for example with register
26. Therefore, control means 36 adjusts the scaling factor
25 information such in dependence of the number N and the
maximum number of free bits in the registers 22, - 22y
and/or the maximum of x minus the number of the wvalid
positions of the individual! wvalues in the registers 22, -
22y that no overflow will occur in an output into the
30 register 26 and/or the result will not 1leave the value

range of -1 to 1 exclusively.

In particular, the control means 36 may, as has previously
been mentioned, adjust the effective scaling factor, by
35 which the result in the register 26 is scaled, via a common
scaling factor, which the sum-of-squares means 24 utilizes
to scale the register contents 22, - 22y at the very

beginning, i.e. prior to the squaring 40. In particular,



witten into a nenory cell that does definitely not offer any overflow
bits, as is the case for exanple with register 26. Therefore, control
means 36 adjusts the scaling factor 25 information such in dependence of
the number N and the maxi mum nunber oféGree bits in the registers 221 -
22N and/or the maxi mum of x m nus the nunber of the valid positions of
the individual values in the registers 221 - 22N that no overflow w ||

occur in apheut potumont 0 $dwel By r ediaster,26 and/ aast heyresbis | | pbeeh | eave
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and.
neans 24 fm?%‘?g %‘bb}%c’f]i“‘“ngr?ﬂégi:%ﬁi éPer contents 221 - 22N to the squaring
15

Another further possibility for determining and considering
the scaling factor would be sum-of-squares means 24 first
subjecting the register contents 22; - 22N'to the squaring
40 one after the other, in order to obtain intermediate
20 results 42; - 42y in the 2x fixed-point data format. Same
would then be subjected to the summation 38 by sum-of-
squares means 24. The resulting 2x fixed-point sum-of-
squares result would then be examined for the number of
unused bits and/or the difference between 2x and the number
25 of wvalid positions by control means 36 in order to have
performed a corresponding shift operation to the left by a
respective number of bits at this 2x-bit sum-of-squares
result by sum-of-squares means 24, before the latter enters
the result into the result register 26. The disadvantage in
30 this procedure compared to the one described first is that
the internal calculation expenditure in sum-of-squares
means 24 would be increased, as values 42, - 42y would have
to be processed with a word width of 2x, and in particular
would have to be subjected to the summation 38. For this,
35 either an addition calculating wunit with increased
performance capability is required, or else a y-bit fixed-
point data format addition calculating unit having an
allocated overflow bit must be controlled more often. With



40 one after the other, in order to obtain internediate 20 results 421 -
42N in the 2x fixed-point data format. Sane would then be subjected to the
sumat i on 38 by sum of - squares neans 24. The resulting 2x fixed-point
sumof - squares result would then be exdnminhed for the nunber of unused
bits and/or the difference between 2x and the nunber 25 of valid positions
by control neans 36 in order to have perfornmed a corresponding shift
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Then, 1bhe dbmsani@ti a8 ief fefdtent edivht B avoved dwidithhodf x bits. Here,
' the register 26 thus only comprises y = x positions. The
means for taking the logarithm may then preferably also

comprise x positions.

20 By means of the effective scaling factor, the number of
valid bits in the result register 26 may be adjusted almost
optimally. Now, the means for taking the logarithm 28
receives the y-bit fixed point representation from the
register 26 wherein, if necessary, the remaining bit

25 positions of a higher accuracy are discounted, and subjects

same to the LD64 format conversion discussed above with

respect to Fig. 3, in order to enter the result into the
register 30 in the z-bit fixed-point data format, wherein

preferably z = y, and preferably y = X.

30 '
The result in the result register 30 represents a scaled
logarithmic representation of the sum of squares of the
values in the registers 22; - 22y. The rescaling means 32
now reverses the scaling by subtracting from the scaled

35 wvalue in the register 30 a correction value 44, which it
receives from control means 36. In the case of the LD64
format, the correction value, as previously mentioned,
amounts to LD64(s), wherein s be the effective scaling



the register 26 thus only conprises y = x positions. The neans for taking
the logarithmmay then preferably also conprise x positions. 20 By neans
of the effective scaling factor, the nunber of wvalid bits in the result
regi ster 26 nmay be adjusted al nost opt44rafly. Now, the nmeans for taking
the logarithm 28 receives the y-bit fixed point representation fromthe
regi ster 26 wherein, if necessary, the remaining bit 25 positions of a
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conver si on |scusseg bove with respect to Fig. 3, in order to enter the

resul t |nt% th& “régfSter 30 in the z-bit fixed- poi nt data format, wherein
preferably z =y, and preferably y = x. 30 The result |n t he result
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nom1re&%rs@@lﬂhedééalfﬂgmby bubrﬁaeaﬂnggfmaﬁnshéZScaled 35 value in the
register 30 a correction value 44, which it receives fromcontrol neans

36. In the_case of the LD64 format, the correction value, as previously
ment i oned, REARBEARY i LBBA(s) 4/ wier EPHIE beut hinef Mad | gavesal ¢hg thep?
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The result n output in the register 34 in the fixed- poi nt data
format by Végg gng fEang 32. ‘ﬁ%%ﬁ?glnng Y Fi g2 4, PRSFIRSR OUHQQQ¥%@%
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60, 'nC'Uﬂﬁélﬁd@ﬁ”ﬁr%eﬁ%myxyﬂr‘&oﬂ@?ﬁ@ ﬁéan§h5£t'gﬁlﬁﬁéﬂa GRans? gxjuarer
68, a sunngrségargr 0%ar%t@ﬂ££t;ﬁ752 aaloégélthm taker 72, a divider
15 74 and a subtractor 76. All modules 62 - 76 are connected
in communication with one another via, for example, a bus
or else a program interface 78. Means 66 - 76 may be
implemented in hardware but may also in part be respective
program codes performed by control means 64 in order to
20 accomplish the respective tasks. The modules 66 - 76 must
each only be capable of processing x-bit fixed-point data
format operands. Among the modules 66 - 76, the modules 66
- 70 form sum-of-squares means 80, while the logarithm
taker 72 and the divider 74 combine to form means for
25 taking the logarithm 82.

Control means 64 is for example program-controlled and
causes the sum-of-squares creation of wvalues, which are
deposited in the x-bit fixed-point data format in the
30 memory 62 in the x-bit memory locations 84, ... 84y, to be
performed. The exact function of control means 64 is
discussed with respect to Fig. 6. Here, it is specifically
assumed that the x-bit fixed-point wvalues in the memory
locations 84; - 84y are frequency line values of a frequency
35 group.

First, control means 100 examines the frequency line values
of the group in the memory locations 84; - 84y and adjusts a



15 74 and a subtractor 76. Al nodules 62 - 76 are connected in

communi cation with one another via, for exanple, a bus or else a program
interface 78. Means 66 - 76 may be inplenmented in hardware but may also in
part be respective program codes pede?%éﬁ by control nmeans 64 in order to
20 acconplish the respective tasks. The nodules 66 - 76 nust each only be
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d
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15 factor and/or the shift wvalue.

In a step 104, control means 64 then causes the squarer 68
to square each value in the memory locations 84, - 84y and
to write the upper half of the 2x-bit result back into the
20 respective memory location 84; - 84y. The squarer 68 is for
example a multiplier, wherein control means 104 writes the
respective value to be squared from one of the memory
locations 84; - 84y into both x-but multiplicand registers
of the multiplier. The squarer may internally include for
25 example a 2x-bit result register, wherein control means 64,
however, makes sure that only the upper half, i.e. an x-bit
fixed-point squaring wvalue, 1is written back into the
respective memory location 84; - 84y. Alternatively, the
squarer calculates only one x-bit representation in advance

30 and therefore has only one x-bit output register.

After that, in a step 106, control means 64 creates a sum
across all contents of the memory positions 84; - 84y by
means of the summer 70. It may begin with the sum of the
35 first two values and writes the result into an x-bit sum
register 86 in the x-bit fixed-point data format. After
wards, control means 64 might use the summer 70 in order to

add the value with the memory position 86 to the subsequent



- 84N with the frequency line values of the group to the Ileft by s bit
positions according to the comon scaling 15 factor and/or the shift

value. In a step 104, control neans 64 then causes the squarer 68 to
square each value in the menory | ocati @fs 841 - 84N and to wite the upper
hal f of the 2x-bit result back into the 20 respective nenory |ocation 841 -
84N. The squarer 68 is for exanple a nultiplier, wherein control neans 104

wites theval@spediieveayakue e betruar addf rore onei ©f theHTeAREYicus
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cal cul at esaomtigubeec-biiereepresent ati on in advance 30 and therefore has
only one x-bit output register. After that, in a step 106, control neans 64
creates a sum across all contents of the nenory positions 841 - 84N by
means of tHe sam@ker0.198, magopeEPh WIEANEhe®8untBENt héNIETECESt W6
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means 64 then ipStylct§;Lheo ! qgard tpp,Eakes 72 t epkaks g ogafi thm of
the sumin, the nenory location 86, and after that the 'divider 74 to divide

10 the restfelefericdThe #ntePRbai ahéfFésd Pe8PSthe I ogarithm taker 72 is
for exgnple witten back into the nmenory

After the step 108, a scaled representation with the
logarithm taken of the sum of squares is therefore present
in the memory location B6. In a step 110, the control means
therefore instructs the subtractor 76 to subtract from the

20 value in the memory location 86, which is divided and the
logarithm of which 1is taken, a value dependent on the
scaling factor s stored in latch 101, 1i.e. the wvalue
2*s/64.

25 After preferred embodiments of the present invention have
been described above with respect to Figs. 4 - 6, 1in the
following an embodiment for an audio encoder is discussed,
in which an apparatus according to these embodiments is
implemented.

30
The audio encoder of Fig. 7, which is generally designated
with 150, includes transformation means 152, group energy
calculation means 154 and a code stream generator 156,
which are connected in series between an input 158 and an

35 output 160 of the encoder 150. The code stream generator
156 uses a psychoacoustic model 162 in order to glve off
irrelevance information for example from an audio signal
164 to be encoded and present at the 1input 158, the



| ocation 86, as is for exanple the result of the divider 74. If the

divisor is a power of 2, the divider will be inplenented as a sinple

shifting nmeans. 15 After the step 108, a scaled representation with the

| ogarithm taken of the sum of squares i%> therefore present in the nenory

| ocation 86. In a step 110, the control neans therefore instructs the

subtractor 76 to subtract fromthe 20 value in the nenory | ocation 86,

which is div$tedecandit ke ichogarliy hgl dfhwhicbri sicttaken, a Bl vakeecdependent on
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cal cul ati opeo®8QSK 194 1@nd a code stream generator 156, which are connected
in series between an input 158 and an 35 output 160 of the encoder 150. The
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of f irrelevaneadinf aripidion 69r pexaeple 4 othan iawdito signat pledche be
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sequence ofgaudie samel ifng ¥akvesn WHENvertical axis represents the
amplitude A in arbitrary units.

15
Then, transformation means 152 transforms the audio signal
164 from a time range into a speétral range by decomposing
the audio signal 164 1into 1its spectral constituents.
Transformation means 152 may for example specifically
20 consist of an analysis filter bank having 32 band-pass
filters. More precisely, transformation Means 152
decomposes the audic signal 164 into spectral components
section by section. The sections or frames 166, for which
the spectral decomposition is effected, overlap in time by
25 for example 50 %. In each spectral component, a spectral
value and/or frequency 1line value 1is created for each
successive frame, which is illustrated by means of dots in
the épectrogram 168 generated by transformation means 152.
This way, a frequency line from a sequence of frequency
30 line values 1is created per spectral component, wherein the
frequency lines are indicated at 168 with horizontal
arrows, which are wvisually split up 1in freguency line
values for the three indicated frames 166 only. In the
spectogram 168, an arbitrary number of frequency lines is
35 arranged along the spectral axis or frequency axis f,
whereas, however, the actual number of frequency lines will

be larger.



10 were sanpled with a predeterm ned sanpling frequency. The audi o signal
164 may for exanple be present in a PCM format. At 164, the audio signal
is represented as plotted against time t, wherein the vertical axis
represents the anplitude A in arbitradf units. 15 Then, transfornmation
means 152 transforns the audio signal 164 froma tinme range into a
spectral range by deconposing the audio signal 164 into its spectral

constit uenmsedTban&fr@r NRid @b s1482¢hRY faleaRNPl EnsSpeshti Galrkym20
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spectral conponents. Rather requency lines are split wup according to

psychoacousti c aspects into groups 170, as
15 This calculation is performed by group energy calculation

means 154. It calculates the signal energy for each group
170 of frequency 1lines as the sum of squares of the
frequency lines, wherein group energy calculation means 154
is for example configured as shown in Figs. 4 and 5 and/or
20 functions as described in Figs. 4 - 6. The result of group
energy calculation means 154 is sequences 172 of signal
energy values, 1i.e. one sequence 172 per group 170.
Therefore, the signal energy sequences 172 have one signal
energy value per frame 166, which is illustrated along the

25 arrcows 172 by means of a dot.

Based on these sequences 172 of signal energy values, the
code stream generator 156 then generates the encoded data
stream 160 on the basis of the psychoacoustic model 162.
30 Here, one advantage 1in the reprocessing of the signal
energy values in means 156 1is not only the values being
present in a fixed-point data format having the same number
of bits as frequency line values were present, but also the
values being present in the logarithmic range, as this
35 range enables simpler execution of multiplications,
eXponentiations and divisions, as these calculating
operations transfer into simpler additions/subtractions and

multiplications/divisions in the logarithmie¢ range.



is indicated by circles. For the code streamgeneration for each group 170,
the code 10 stream generator 156 now specifically requires, for each of
the frames 166, the associated signal energy value, i.e. the sum of
squares of the anplitude values, i.e” £He “sum of squares of the frequency
line values. 15 This calculation is perforned by group energy cal cul ation
nmeans 154. It cal culates the signal energy for each group 170 of frequency
| ines as the sum of squares of the frequency Iines wherei n group energy

cal cul ati 15 for exanpl .confi ure hown_in Fi 4 and 5
and/ or %unct :aons gg el'slcl%S radt tE‘lj‘gss’ q nsé ‘Fhe 1?%suciafs %foEBe
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sequences 172 have one signal energy value per frane 166, which is
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t he encodle;rgﬁltﬁarglc;?f@lﬁnﬁlﬁttwga an MPEGrdat & %tste@a%y g%anQher pcoder
of Fig. 71 for exanpl e an AAC encoder hi s case he code

stream gerfHdt4ra 4=y PREPE §4a'ﬁﬁ?(T%ﬁp8P§F ﬁm%ﬁ?&ﬁ%nﬁ?&ﬁu%%ﬁﬁ?e in

whichl5 into LD64™" (-LD64 SE >> 1), wherein a >> b indicate a
shift operation to the right of the operand a on the left-
hand side by the number b of bits on the right-hand side,
whereas LD647'() be an inverse function of the logarithm
function LD64 (), and LD64 SE be the signal energy value in

20 the logarithmic LD64 format, as it 1is output by group
energy calculation means 154. “>> 1” therefore designates a
shift to the right by -1 bit, which corresponds to a
division by 2. The division by 2, as it is effected in the
logarithmic range, corresponds to a square root in the

25 linear range. The minus sign corresponds to the inverse
function 1/x in the linear range. The calculation of the
LD647! function may be realized with less complexity than
calculating the root of and inverting the result, which
would be required if the signal energies were fed to the

30 code stream generator 156 in the linear range.

The code stream generator 156 could also generate an
encoded MPEG 4 AAC data stream and would then include a PNS
(perceptual noise substitution) module. The PNS module
35 internally calculates the distance between the listening
threshold and the signal energy in a frequency group 170.
The PNS module specifically determines, by means of the

distance between listening threshold and signal energy, if



the code stream generator 156 perfornms an efficient calculation of the
ener gy-wei ghted spectrum The TNS nodule 10 in particular perfornms a
calculation with the signal energies SE of the type x = 1/ SE . This may
be effected nore easily with the signaf®energies being in the logarithmc
format LD64, as it is used by group energy calculation neans 154. The TNS
nodul e sinply calculates X 15 into LD64-1 (-LD64 SE >> 1), wherein a >> b
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i.e. of Y in the LD64 format, by calculating the following:
LD64_Y = LD64 SE1 - ((LD64_SE2 + LD64 SE3) >> 1),

20 wherein LD64 SE# be the logarithmic representation of the
respective signal energy wvalue SE#, as it 1is output by
group energy calculation means 154.

The code stream generator 156 may for example also comprise
25 a center/side stereo module performing a center/side
encoding decision. In this €S module, numerous divisions
are calculated, i.e. from listening threshold to signal
energy, for the decision whether a center/side (CS)
encoding 1is to be used or not. By the use of the LD64
30 format, as it is output by group energy calculation means
154, these divisions transfer into simple subtractions. The
thresholds, as of which an CS encoding is to be used, are
constant and may therefore be converted into the
logarithmic range already in the source code, whereby no
35 further calculation time is required in addition to the
program runtime. This applies to many more constants used
in the modified <c¢ode in connection with +the LD64

calculations. The above-mentioned 1in particular also



5 thresholds that are also provided in the logarithmc representation LD64
in the code stream generator 156, are the essential contribution to the
correct PNS determnation. In particular, in a coherence function in the
PNS modul e, a division and a root calc@&tion in the 10 formof Y = ( SE1/
SE2 SE3) occur, wherein SE1, SE2 and SE3 are signal energies output by
group energy calculation neans 154. The logarithm c representation of the

signal engsgyidéactbi &&@e&@%wl stakes mbusiealyul st i@pegorayekange
extent. Spem%&al l%céﬁithe PNS nodul e in the code 15 stream gener at or 156

may perf or®h tHe” caPcefation of LD64 Y, i.e. of Y in the LD64 format, by
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1), 20 wh LN 4 be the | ariqt entatlon
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15 performed in a very simple way by a shift to the left by 2
bits.

In the scale factor estimator of the code stream generator
156, furthermore for example a calculation of the scale
20 factors SCF, constituting a part of the quantization step
width, may be calculated from the modified listening
thresholds LT and the signal energies SE. The calculation
includes a calculation step of the type SCF = log(k*LT/SE),
wherein log{) be a common logarithm and k be a constant.
25 This calculation may be achieved very elegantly and
efficiently by the wuse of the LD64 format and a
corresponding conversion of the original formula. The scale
factor estimator would perform the calculation specifically
as such: SCF = log(k) + log2*64* (LD6d4 LT - LD64 SE).
30
The above examples of possible modules within the code
stream generator 156 show that the use of the logarithmic
data format LD64 facilitates an increase in efficiency on
fixed-point processors. The logarithmic data format LD6é4 in
35 many cases all but makes the implementation of an audio
codec with high audio quality on these platforms possible,
if a certain audio quality is not to be fallen short of.



5 factor estimator that perforns a calculation of a |oudness. |In the scale
factor estimator, which is for exanple located in a quantizing nodul e of
the code stream generator 156, a calculation of the fourth root of the

listening thresholds, i.e. a loudness ¥altulation, is effected. By
representing 10 the listening threshold by neans of a logarithm c data
format, i.e. the LD64, the calculation of this fourth root my be
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15 point data format, which has a value range of -1.0 to
+0.99999. ...

In the above embodiments, a logarithm to the basis of 2,
the logarithm dualis LD, was used. In a logarithm dualis, a
20 signal energy value of 0.25 in the linear range corresponds
to an LD value of -2. A signal energy value of 0.3 in the
linear range corresponds to an LD value of -1.7369656. As
on a fixed-point processor, typically either integer values -
or else fractional values, but no mixed values, may be
25 represented, in the preceding embodiments, the LD values
were scaled such in the context of the LD64 format that
only fractional values are obtained. Of course, another
possibility would be to choose the scaling such that only
integer values are obtained. A scaling with a factor 1/64
30 was specifically chosen, as this factor is applicable to
all word widths up to 64 bits and therefore also covers the
conventional word widths of 48 bits and 32 bits. The
calculation of the logarithm dualis scaled with 1/64, i.e.
the LD64 format, is performed according to the formula y =
35 loga(x)/64 = 1LD64(x). In renouncement of the extended
portability, this factor could of course also be increased,
i.e. up to 1l/y, wherein y be the number of bits of the

scaled sum of squares with the logarithm not taken.



of the signal energies, listening thresholds and further energy values in
a logarithmc data format is extrenely 5 appropriate, as in the processing
of the signals energies and listening thresholds, nost cal cul ati on steps
are performed by neans of a divisiomorl multiplication. A division
therefore transfers into a subtraction and a nultiplication into an
addition, which results in an 10 efficient representation and processi ng of
the signal energies and listening thresholds in an audi o encoder by neans

of the illustrated logarithnmc data format. The signal .energies in the

i near 1anbes | eShoRes Hhe nBRSPR ogh, Firnt eor Anghn” SHBC4FRosbhted FRYt ne
fractionalchaxedtdbipolos dabf f arhet, MWyxhitdras a fralatd grangeaef -be0 to
+0. 99999. . t he ,above. enbodi ment s | ogarithmto the bhasis of .2, the
Cogar: thim Heet Tl B ot ST P R AR ey deF e aaial | 68 a8 20 8rBaP Ber gy
val ue 6f Oresrésenbetiomeactumigley coorespondscuoadn, LDivplite Wlud A

si gnal _ene ayoy@£ue006.@}Sofgekgeat5Eeseerrﬁngse905&eapggqi 1,81385LD val ue

of -1.7369656. As on a fixed-poin rocessor, typical ei ther i nteger

val ues orlefsedfpBetidharevalibsonpuinnshfi xegavarhBic wapdse Fhich,

representegs tRelyherr Q%Q%jélg ﬁﬂbﬁg'ﬁﬂﬁﬁhge,t he ol.D vaddias vyere scaked such
in the context the LD64 format that only fractjonal values are

obt ai ned. EFSESLPER, MPHSEt hRFCURBESI bift i By MOIRU BRI 0 CRBESSSHHETLOR i ng
such tlbat motyrdingeger thal uasowd ecabbainedtsA scaldsig st hcautaetornnl/ 64

30 was spegjfi | osen, ,as .this factor.is applicable . to,. _all .word
W dtne up Eh e brELEERatT Re o et i Res SR B8 Sake rRar arh
wi dt hs of #8tditshandl@rmbitlmidherangd cuat | arvafdade Hwgdhiet hmotaaini s

scal ed Wi th-df By irfetod NGRS F IR colioRer ERE FBD ACLQL didig 4,0 the
formula y = 35 10g2(x)/64 = LD64(x). In renouncenent of the extended

portabilit§IUeht89factor could of course also be increased, i.e. up to
1/y, wherein y be the nunber of bits of the scaled sumof squares with the
Iogarithn1fgé %%%%%iment of Fig. 7 therefore represents an encoder
using a scaled or even non-scaled logarithmic data format
in the psychoacoustic model and/or in the gquantization
module for the representation and processing of the signal
20 energies and listening thresholds. It is to be understood,
however, that the above description of the logarithm dualis
and of the scaling with 1/64 is only an example. In any
case, the logarithmic representation serves L0 achieve
faster execution of numerous calculations, such as in the
25 center/side decision module and the scale factor estimator
of the guantization module, because, as has been explained,
by the use of the logarithmic format, the divisions
coriginally present there transfer into simple subtractions,
which can be performed many times faster on a fixed-point
30 processor. The same applies to root calculations, such as
the calculation of a square root, a fourth root etc., which
transfer into simple shifts to the right. The calculation
expenditure to be taken for the transfer dinto the
logarithmic range is by far compensated for by the speed
35 gain in the later steps of the algorithm. Therefore, the
advantages of the above embodiments specifically are the

higher accuracy o¢f the values represented logarithmically



- 31 Fig. 3 shows the graph of the logarithmfunction. Here, the
characteristics of the logarithmfunction can be recognized, which for
smaller, i.e. in a fixed-point 5 repregﬁ?tation actual ly nore inaccurate,

i nput values x (closer to 0.0) offers great er nunmber of output val ues vy,
i.e. a smaller resolution, in the logarithm c range, which, as they are

| arger in magnitude, i.e. closer to -1.0, are therefore nore accurate in a
fi xed- poi nésr epléserd athonhitbeAc poradiasp itray tdecadova ameodisend§, tael 0ss

of accuracy,.jn.. . ca ' [ _signal energies prior to the transition
into the I%%ggf%%ﬁﬁégrgné%gésggggé? éd by the common scaling factor and/or

the comon shift value prior to squaring. 15 The enbodinent of Fig. 7

therefore repEesents:an tARCALRIe YRING .S ediorieven BanigeRled ooq
| ogarithm c data format in the psychoacoustic nodel and/or in the
quant i Zat i bRt nbdhe P¥oFehe lpEpRESERt kT oRCANd PHd@sE st ag féxech®odingnal 20

energi es andthi sternadst hr eskol dhodd i SmbOdDRertSer $E 0896 nghoweverhet hat
t he above desc Lgtlon of the logarithmdualis_ and. of the scalln% with 1/64
is only ancﬁﬁaﬁb B. Ph afVmScadd, 13 AGari thii ka1 epPesBAYat PdROselfes to

achi eve fastsonekégutapplield ntveralsecsaltidat apas pregsehtasndtn the td%

center/side, Lsion dul.e and the scale factar, estimator .of the
quantizatigﬁgﬁédé?e?tgg@%&sé%nggﬂﬁg%u%eéﬁ §§bl%ﬁ9$ }?m§§9§hgoaggtoflphe
| ogar iltthmi hisr pase, t ibedihiighieonyalord gf nalty premsenhet Ber-bitr awgfef- nt o

sinpl e subLgactbens res\fiicCh JGaMm be Bérf%hgﬁgi@%”y id MeSa k AsLer oen g pe

fi xed-poi nt "30 processor. The sane applie o root cal culatfons, such as
the cal cul 4P#8A16PMa square root, a fourth root etc., which transfer into
sinmple shifts to the right. The calculation expenditure to be taken for

D oSl EE O PhSoh %, | L AL ochBg LR, Lo -sorpeseted, fon y, the
15 the 1logarithm was used in which & scaling by 1/64 was
performed. This factor is reasonable if one and the same
encoding is to run on different platforms with different
fixed-point data formats. It is, however, also possible
that the factor in the logarithm function may only be
20 larger than %, 1.e. larger than the number ¢f the bits of

the values that are supplied to the summing of squares.

Furthermore, it is to be understood with respect to the
preceding embodiments, that the present invention is not
25 1limited to the creation of sums of squares. The present
invention could for example also be advantageous if the
groups existed of only one value so that only one encoding
were performed. In this case, control means 36 would of
course not have to anticipate the scaling factor
30 information in any way. Rather, in this case, the scaling
factor used for scaling the value prior to sguaring, would
automatically result from the number of wvalid bits and/or
the number of unused bits. Very generally, the present
invention may be used for the creation of a representation

35 of a result linearly dependent upon a square of a value.

Referring to the above description, it 1is also to be

understood that the present invention is of course not



advant ages of the above enbodi nents specifically are the higher accuracy
of the values represented logarithmecally - 32 as well as the higher
processing speed in the use of the logarithmc representation. Referring
to the above description, it is to be erstood 5 that the present
invention is not limted to fixed-point data formats. The above

enbodi nents relating to the creation of suns of squares of values nmay al so
be reasonbhhitapptboed tsevahueket hahtake pfeaeadtonehcodihhe Thiexe@meoi nt
data for n Lo e ata format..ln 10 this case, .

hi gher - vgfgdygﬁBégsgfro g?% 5%5 b? ogﬁn}o hsqua sciesu %é&ldaﬁglo

suppl i ed t@nq:famlng, ofi .tehe atbgawnbmth%:ceamengsm)llm ell@(mé efboditirent s, a
function foiglakihgr 1% (4] 00ridmaes ysed | neubi chu seal | ng.dgel/ 64
was perforned. This factor Ts reas one and the same enco |ng |s
to rundon fﬁlﬂfﬂ*’e@élﬁ?dp@ﬁ@f éfaﬁﬁlv\ﬁﬂﬁoaﬁf réﬁléﬁttlorlu REJIP6G ALddEr &ncOds.

i's, hOWeveéxp@ﬂuéDt@%S' bhey thalo the f@ﬁt@ﬂnba ti"@ |&919e!1} t *&'ﬂ?pflli%%ttll% rray
onIy be 20 han X, | ar ger .t han the nunb bits of the
val ues thafl%.i su%ﬁﬁ%ﬁarﬁ‘ﬁl?héns@ VhgiBe §‘&uéﬂl€§0 fliﬁnet Wérrtrl?nraewantte isto
be under stmotdkwbththespereé.to the precedi ng enbodi nents, that the present
invention is not 25 limted to the creation of suns of squares. The present
invention could for exanple al so be advantageous if the groups existed of
only dMe vatuéssceifatiahly bnekencm@dﬂgstmedetMQﬁmndmnhnd¢nthbs ddse,
contr ol meanscfis poHkds of thgwh%snfe%e 2Bk 341 ched ed NeicldAed act or
30 information I n any wa IS case, scaling  factor used
for scalingPthecfavakepr |T)*Fet oL ERILRIRe M t ol d“akiutkéﬁmﬁ%feﬁq‘%ﬁcf‘ ettt ¥rom
the nunberqofivali @Itbkhgeamee%m,t ma parBecudkrunusad f;igsyt isverar genrgyal ly,

the present. _invention e used r the creation o representation 35
of a result? F# équﬁﬁ 6&89- I&quEPBTEP1a SHFRRls cooperating

15 with a programmable computer system such that the
respective method is performed. In general, the invention
therefore also consists in a computer program product with
a program code for performing the inventive method stored
on a machine-readable carrier, when the computer program

20 product runs on a computer. In other words, the invention
may therefore be realized as a computer program with a
program code for performing the method, when the computer

program runs on a computer.



Referring to the above description, it is also to be wunderstood that the

present invention is of course not - 33 limted to a use in the context of
audi o encodi ng. The same advantages descri bed above with respect to the
audio encoding, i.e. achieving the sanme scaling level for the individual

signal energies with the dynam c range}4 maintained and si mul t aneous
reduction of the audi o encoding expenditure, may al so be obtained in other
application fields, for exanple in providing an audio file with a water
mark or the like. 10 It is especial |yrdmmgbe understood that, dependent on
the circunstances, the inventive schene may al so be inplenented in
software. The inplenentation may be effected on a digital storage nmedi um
in particular anfhoppy dicokenr app@rtus tierekatevlatiicd [specsaghbyeouront r ol

si gnal s cooper @&'gﬂgl 1§mw»9tﬂésa J¥ o aimEhh @t OnPURBE i BYSE egigual that the
respective nmethod is perforned. In general, the invention therefore also

consists in a BBRMTAWHS SPBEFLSHI%oduct with a program code for perform ng
the inventive nethod stored on a nachi ne-readable carrier, mhen the

comput er’ progr am 2, pr Qdusk oA 9 2 GRERM! ol GldiehnyLs

invention may therefore be rea co uter pro ran1 E program
code for perforni ngtREMARIMA a"‘RA]méﬁu"??]e Sd8RD te"1nt°pr Srhalunsteie
conputer. 34 CLAI Mach spaceudl ohamcmd:mprappag P> lmqlmncealocﬁulspecngalspect ral

group. st gnal  ener gjssegf 38k Of ARGLOT TRl [ edEsshaNtlon Lt afRaratus

COITpI’I Si ng: a transformation neans osin information
anpl i tude signal i rg2EpERE r BPL| taken. éﬁ@h‘§Eéc§9%ﬁt43¥mﬁ%ﬁﬁﬁw?%?ﬁh a
sequence of spectr allas¢afies ipitesantfénesn gpebttal epreegant ation with the
| ogarithm not taken, and the spectral |ines being
a processing means for performing, for each spectral
group, a squaring at the x-bit representation with
the logarithm not taken of each spectral value in
order to obtain a respective squared spectral value,
and a summation at the squared spectral values in
order to obtain a sum of squares as a calculation
result in a representation with the logarithm not
taken, wherein the processing means is configured
such that the representation with the logarithm not
taken of the calculation result is scaled with an

effective scaling factor;

a means for taking the logarithm for applying, for
each calculation result, a logarithm function to vy
bits of the representation with the logarithm not
taken of the calculation result in order to obtain a
scaled representation with the logarithm taken of the
calculation result, wherein y is less than 2 times x;

and

a rescaling means for adding or subtracting, for each
scaled representation with the logarithm taken, a
correction value to or from respectively the scaled
logarithmic representation, the wvalue corresponding
to the logarithm function applied to the effective



classified into different spectral groups; a processing neans for
perform ng, for each spectral group, a squaring at the x-bit
representation with the logarithmnot taken of each spectral value in
order to obtain a respective squared spectral value, and a summtion at
the squared spectral values in order 3o obtain a sumof squares as a
calculation result in a representation with the logarithmnot taken,
wherein the processing neans is configured such that the representation

with the logarit hmg@,gtlméakggcgjr t heyal Geat lvgmuéesyéin S o eokdagl th an

effective scaling factor] ans for. takin | o m f or pp |ng,
for each cal cul at |r8HeF§§’Iﬂt n?‘ § | ST Ehnt't cttﬁ%(?n %g{‘iftlbfl tss%‘-?

representation wt facher| ograrmrtdrﬁn gt obtakenaofepresenshtubat vorh rté@ul t in

order to obtain a l%%ﬁ!r?.gh!ﬁeﬂk%ﬁeekaéh@rhawéuhayﬂgn|Ml'tt am aagﬁ;haqf the
calculation result erein

and resc
nmeans for addi ng oF%EEYrSf:t%I% refsé‘recéégﬁ SB%%?’%@ tgéf)’}"BSeﬁ?aW%% R%]et h the
| ogarithmtaken, asigoalecténeampgieal ueft oadk fobm trlespepectehy tdreowsal ed

| ogarithmc repr es%%hﬁi-i@«?ftﬂeh%a?ﬁél H@aﬁ g q_ggg?dlg}gi to the logarithm

function applied t ective 35 ing factor, and the val ue being
used for reversing the scaling with the ef fective scal ing factor, in
order to obtaia NS epsdsentfax @aleuwlhtihe ahogasrdyrwetigheed obpédierum

cal cul ation T osul de A0, 41859pak ?}%%n()foft 1e AGRRECHT YAV SREE A g Oup, SO

that the sig energli es-o ectra roups nprise the sanme
scal ing | evel l%ﬁ‘lé'h‘FNgf#ﬁYG&Pé fo?PR,Jdi%I 5Pi nl éher’dy V\EPﬁht"e"lfl'bpect rum
by perform ng sperahall africap ofighalluraidray,i nieireént GH hdesipgak tdha

function, applf.'ees%etcgi(réSEspect]r)ai fQLOSﬁC%:Lgnal energy, and “»> 1”
designate a shift to the right by 1 bit;

a module for performing a calculation of SElI - ({SE2 +
SE3)} s> 1), wherein SE1, SE2 and SE3 are spectral group
signal energies, and “»> 1" designate a shift to the right
by 1 bit; and

a scale factor estimator for calculating scale factors
SCF for log(k*MHS/SE) while calculating the division /"
by means of a subtraction between MHS and SE, for the
spectral group signal energies, wherein SE designate the
respective spectral group signal energy, “log()” stand for
a common logarithm, MHS be the listening threshold in a
format with the logarithm taken with the logarithm
function, and k is a constant.

2. An apparatus according to claim 1, wherein the processing
means is configured to anticipate the x-bit representation
of each spectral value of the group in a fixed-point data

format.

3. An apparatus according to any one of claims 1 or 2,
further comprising a control means for driving the
processing means such that the effective scaling factor is



spectral group signal energy, wherein SE designate the respective spectral
group signal energy, and ">> 1" designate a shift to the right by 1 bit; a
nodul e for performing a calculation of SE1 - ((SE2 + SE3) >> 1), wherein
SE1, SE2 and SE3 are spectral group signal energies, and ">> 1" designate
a shift to the right by 1 bit; and a ¥cale factor estimator for

cal culating scale factors SCF for |og(k*VHS/ SE) while cal culating the
division "/" by means of a subtraction between MHS and SE, for the

spectral groupgas &nféntenﬁ;;cm es, nWhssL£i Br SEndesd grata1t Ra1ueeSRECt inee
spectral group S|%£al i g% "log()" stand for a conmmon logarithm M-S be
the listening ER? g3 format with the logarithmtaken with the

| ogarithm function, and k is a constant. 2. An apparatus according to

claimil, wherejp t] %ﬁapagfgsabesrd{@nﬁo' ArfONédgUbed d il £i Ral & he
X-bi t representatl each spectTal val ue of roup in a fixed-point
data format. §ur%}?raﬁ85}P5%ﬁ€n%c%dF%tﬁ§1t Beany ’Eﬁfé TSt s 1°BPeR

further conpriscagirgy cartoel inedagehdenad ioni g rumberprdcedsi sgemeais such

that the effec‘t,gl ssc%laggxo%%c%s?glﬁjaﬁeggs dependent PO @ gnunber of the

spectral val ues of the ues . An apparatus daccording to any
one of clains 1 to 3, further conprising a control nmeans for adjusting a
comon scal i ng $&citiog meadepeadesncEl oy ahau&bbtto&epﬂusempatﬁom]winhﬂ ues,

the processi ngefanaalUf {fe AMPELELNO: BeSCalddapERRS] Obattal ifig the

X-bit representation the 1T ogarithm not ta eac pectral val ue
in dependenceﬁ%ﬁ?QQ$§c€oﬂ¥nﬁ4“§é%ﬂwmﬁﬁ F%%%%ﬂg|fHCBPHe%“t?quBt§Pn° & ed

spectral val uescdledaBpscbidl nelesenhain orxbia sgpaesergcardans for squaring
the x-bit representation of each scaled spectral value in order to obtain

scal ed
a squaring means for squaring the x-bit representation of

each scaled spectral value in order to obtain scaled

squared spectral values; and

a summation means for summing up the scaled squared
spectral values in order to obtain the sum of squares.

5. An apparatus according to c¢laim 4, wherein the x-bit
representation with the logarithm not taken of each
spectral value 1is represented in a fixed-point data
format, and the control means is confiqured to further
perform the adjustment in dependence on a smallest number
of unused bit positions in the x-bit representations of

the spectral values.

6. An apparatus accoxrding to any one of claims 4 or 5,
wherein the control weans is configured to adjust the
commeon scaling factor to a k”‘power of 2, and the scaling
means is configured to shift the x-bit representation of a
gspectral value of the group in an x-bit value register by
k bits.

7. An apparatus according to any one of claims 4 to &6,
wherein the squaring means comprises a 2x result register
and is configured to deposit a predetermined scaled



squared spectral values; and a summation neans for sunmng up the scal ed
squared spectral values in order to obtain the sumof squares. 5. An
apparatus according to claim4, wherein the x-bit representation with the
| ogarithm not taken of each spectral value is represented in a fixed-point
data format, and the control neans i&’configured to further performthe
adj ustnent in dependence on a snallest nunber of unused bit positions in
the x-bit representations of the spectral values. 6. An apparatus

according to Y008 Shabs 4108 D WA @cAibbe sepakeql speansals
configured to adjust the caompn scali r;_g factor tQ_a ktug] ro9f& and

the scaling #dNgsi siRorf i gifrBH" t & THEFERERR™SE bi'l re&preséntation of a
spectral val uereafistbe, gamlithien sammat ot mesinge isegpeiguned te BFPRd. a7, An

appar at us achf-%ii@g ste%t%%( Qre @ aHTE 4rdReBent MIIEI firdnhecssluak i ng
means conprises a 2x result register, and iS configured to dg[l)gsm a

pr edet er m ned %8S Ed reg1istei dftad &s SEEERIRT I e ¢ hfed squar ed
spectral val ygs ik ardxubtit regpsesentiat ionidm thesgm rgsuthe yefister, and
the summtion Jeans,i § GORRLOULEMN! Qe e YabidiheCtdoncRl hBledx-bi !
representation fromthe~2Zx Tresult register while disregarding the

remai ni ng bi t $crdedt hepredesePecit@di s¥atush SPE}erW’de:esuﬁ#ﬁp §Lbi t
section toget hefavkshidthe ay ybbit seefisars.of the other scaled squared
spectral values and wite the sumof squares into a y-bit register. 8. An
apparatus according to any one of the preceding clainms, _wherein the neans
for taking.thdn epparatus ascesfingre@nyt Qnﬁr%gé'é? PRECGIHRY M8sent ati on

with the | ogakineRBiAOthe t AKSHE Stiah tdkiingt hihes Qabadi tiepr &5 ecdrtigomedd t h t he
oger L (G, Gonl£9p9ALS 0,2 Yolldach RS £0FN Al WeOloghiftinpaati (N

' taken such that the scaled representation with the
logarithm taken corresponds to a y-bit representation of

the logarithm dualis of the y-bit representation with the
logarithm not taken divided by a number greatex than or

equal to y, and the rescaling means is configured to add

to the scaled representation with the logarithm taken or
subtract thereof an amount corresponding to the logarithm

dualis of the effective scaling factor divided by the

numnber.

9. An apparatus according tc any one of the preceding claims,
wherein the processing means, the means for taking the
logarithm, and the rescaling means are configured to

operate in a fixed-point data format.

10. An apparatus according to any one of the preceding claims,

implemented in a fixed-point processor.

11. An apparatus according to any one of the preceding claims,

wherein y equals X.

12. An apparatus according to any one of ¢laims 1 to 11,

further comprising:



| ogarithm not taken divided by a nunber greater than or equal to y, and
the rescaling neans is configured to add to the scaled representation with
the logarithmtaken or subtract thereof an anount corresponding to the

| ogarithm dualis of the effective scg%ing factor divided by the nunber.

9. An apparatus according to any one the preceding clains, wherein the
processi ng neans, the neans for taking the logarithm and the rescaling
nmeans are configured to operate in a fixed-point data format. 10. An
appar at us accoadicoget st genm oqeneabitbhe fprecediad ohaihs, sigmgl esretgesd in a

fi xed- poi nt oL di
| xed- poi Nt progRgsorer lye Cé_!;‘%q a|‘289{??’%f%£§1% hR9eh0oALY 8116 Ofcddin

precedi ng clains, wherein \N apparatus according to any
one of claims YCRXLSELLINGyr fRer BRI SiVRESIOE  Rfcoddest ABAMYHEREMat or
for, based on &helitugeal segeipy withié@a Othé hec@dOUpt regfnegahdrgcan

encoded data s, Serseggl,?eseggén fa;}ihfégg%gg‘g%vggﬁgg&%{g tgg itgfaorﬂ&ti on

anpl i tude signal, erein the code erator nprises the one of
the group consteitley dihet Fedyhs Lo deeeoHEINBdFRECHEHR LAY U Hifdg —a

cal cul ation of (8l + CESEZ s 1SE3hna>tHy ,sciled Fhecseadilnaebsr estimator.

13. An apparatus according to any one of the preceding clains, wherein the
informati on anplitude signal is an audio signal. 14. An apparatus

accor di nglte g‘hi%ﬁpfzaé?s 13Copidngi BO tHY B@e CLstRearNaredandat eFaims,

configured to wenesiat ethde iefeedetiolabapsitedn feighher hased Qudo
psychoacousti c .ggld(il. 15. An apparatus according to one of clainms 12 to 14,

wherein the code stream generator is an MPEG 1/2 Layer-3 encoder or an

MPEG 2/ 4 AAC encoder. 16. An apparatus according to claim8, wherein the
number |514542&ﬂ@p¥afa8u§:éﬂ%ording to claim 12 or 12, wherein the code

stream generator is configured to generate the encoded
data stream further based on a psychoacoustic model.

15. An apparatus according to one of claims 12 to 14, wherein
the code stream generator is an MPEG 1/2 Layer-3 encoder
or an MPEG 2/4 AAC encoder.

16. An apparatus according to claim 8, wherein the number is
64 and ¥y = x = 32,

17. An audio encoding method for:

calculating a signal energy of an information amplitude
signal comprising:

decomposing the information amplitude signal into
spectral lines, each spectral 1line comprising a
sequence of spectral values present in an x-bit
representation with the logarithm not taken, and the
spectral 1lines Dbeing c¢lassified into different
spectral groups;

performing, for each spectral group, a squaring at
the x-bit representation with the logarithm not taken
of each spectral value 1in order to obtain a



17. An audi o encoding nethod for: calculating a signal

energy of an

information anplitude signal conprising: deconposing the information

anplitude signal into spectral |ines, each spectral

| ine conprising a

sequence of spectral values present in an x-bit representation with the

| ogarit hm not

taken, and the spectraB9lines being classified into

different spectral groups; performng, for each spectral group, a squaring
representation with the |ogarithmnot taken of each spectral

at the x-bit

value in order to obtal

sunmmat i on at

the SquRre
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fromrespectively the

thmc representation, the val ue correspondi ng to the

| ogarithm function appljed to the effective scaling ,factor he val ue
bei ng used for rev@?gflﬁ’d‘gc hego’%c%"f“f %ﬁ“f‘ﬁfﬁ‘ lonef’f e sca?é act or, in
order to obtain afue@tmenttatyomlmst foft hehe ogepmﬁlﬁntﬁékéh Wlth the

logarithm not taken of the calculation result in
order to obtain a scaled representation with the
logarithm taken of the calculation result, wherein y

is less than 2 times x; and

adding or subtracting, for each scaled representation
with the logarithm taken, a correction value to or
from respectively the scaled logarithmic
representation, the value corresponding to the
logarithm function applied to the effective scaling
factor, and the value being used for reversing the
scaling with the effective scaling factor, in order
to obtain a representation with the logarithm taken
of the calculation result as a signal energy, so that
the signal energies of all of the spectral groups

comprise the same scaling level; and

calculating an energy-weighted spectrum by performing a
calculation of a function inverse to the logarithm
function, applied to (-SE >> 1), for each spectral group
signal energy, wherein SE designate the respective
spectral group signal energy, and “>> 1" designate a shift
to the right by 1 bit,

performing a calculation of SE1 - ((SE2 + SE3) =>> 1},
wherein SE1, SE2 and SE3 are spectral group signal



of the calculation result as a signal energy, so that the signal energies
of all of the spectral groups conprise the sanme scaling |level; and

cal cul ati ng an energy-wei ghted spectrum by performng a calculation of a
function inverse to the logarithm function, applied to (-SE >> 1), for
each spectral group signal energy, wWférein SE designate the respective
spectral group signal energy, and ">> 1" designate a shift to the right by
1 bit, performng a calculation of SE1 - ((SE2 + SE3) >> 1), wherein SEI1,

SE2 and SE3 arg éﬁ_ﬁ(gsl’ abngreyp s+ 98adi fHiceeBekdl €6, tanghe >Pight dgsignate a
shift tothe rig r%/dcl bit, and calculating scale factors SCF for

| og( k* VHS/ SE) RHH é'%al cul atl ng the division "/" by nmeans of a subtraction
between MHS and SE, for the spectral group signal energies, wherein SE

designate the LEPARGILKE SREON abacflAIPsERIy emeg,aymné/@@ﬁ) wishand for a
e

common Iogarit nLﬁ e Ilstenln hreshold ih

| ogarit hm t akefdiFHIrtiRe Ité‘ﬁarqlt"ﬁﬁll%nc{l oY dMRIe i aa (,sg‘ﬁ’éf%ﬁ]ttmnw
Audi 0 encoder B@pareat ustHBOr agal cse at ifog atheecﬁpedtxwlougrospgnaigraiergy of

an information g;gs)életsu?ﬁ%g r%qgor oft hgesgﬁpaqir AU CQ@BHE éé@,{@‘lor mat i on

means for decorrp mat | itu Si gna?tl nto Spectral
lines, each s@e’un @llgpﬁheemr: Sitag(h’ s“'étfﬁ’éné@ro? YA 2PIaGH s
present in an pudi ber efieeSENbeénity Wehbedtl d | ogard t ioxrnat twdken, trr,end t he

spectral i nes, bei n%hmcltaﬁshf wghl 0L Si_l %I;‘P{ o%' ALQURS;;

processi ng rreansgaf pertormng, for a erm ne(LiL ohe of the spect ral
groups, a squa‘?-‘i’l'lﬂj:anét- the x- b| t representation with the | ogarithm not
t aken of each spectral value in order to obtain a

18. Audio encoder apparatus for calculating a spectral group
signal energy of an information amplitude signal, the

apparatus comprising

a transformation means for decomposing the
information amplitude signal into spectral lines,
each spectral line comprising a sequence of spectral
values present in an x-bit representation with the
logarithm not taken, and the spectral lines being

classified into different spectral groups;

a processing means for performing, for a
predetermined one of the spectral groups, a squaring
at the x-bit representation with the logarithm not
taken of each spectral value in order to obtain a
respective squared spectral value, and a summation at
the squared spectral values in order to obtain a sum
of sguares as a calculation result in a
representation with the logarithm not taken, wherein
the processing means is configured such that the
representation with the logarithm not taken of the
calculation result is scaled with an effective

scaling factor;

a means for taking the logarithm for applying a
logarithm function to y bits of the representation



respective squared spectral value, and a summation at the squared spectral
values in order to obtain a sum of squares as a calculation result in a
representation with the |ogarithm not taken, wherein the processing nmeans
is configured such that the representation with the |ogarithm not taken of
the calculation result is scaled wtHhlan effective scaling factor; a
means for taking the logarithmfor applying a logarithmfunction to y bits
of the representation 41 wth the |Iogarithmnot taken of the cal cul ation

result in order to ghiai fhd 968heHckRPIREENEMdION oW £l t RA1LOTALIdrhM t aken
of the calculation result,  whérein is less_than.,2.tine : .

rescal i ng means forreééfc!lf:nd'norogc{?ﬁt r%%t Pﬁ@ahn éorsrceaé'tefionre\ﬁs:fle)égné 0 (55;ill from
respectively the socdlted theodagathpie tamreseht e orplamipEhopargault,

corresponds to the.0ga5i{ e fiuaet LM apRlinee &9 Ake effective scaling
factor, in order to obtain a representation wth the |ogarithmtaken of

the calculation result as the signal energy, wherein the representing
means for taking the lregaalitgn iransonffiogur edding praxtesyibtifack&pg esent ati on

with the logarith cal cpl it | AL dRSYME1SUERet Baki1ed he
scal ed representat ?ggg&mc%ﬁ&?ﬂggjl%%% t hm t aken ,c%r r eigo%ds (ta - bi t

th | 0 a
representation of tHgaFdEAPIE hREPIREATNL@LIPN hEPY B (V& 18F tcl‘f'grfagﬁ?%%sent ation
with the | ogarithmonathe akgyardthinhégunak cohatpphiedstubt tieviedédctive 64, and

the rescaling meansd.g; ONELONLT 10 Sflal 04 NeeAlLCdBRIRARRE B ON Wi th

the logarithmtaken _ an_ anount _correspondi ng to the
| ogarithm dual i s ofithhehefleeriFanseakehPk &0CoFalF WY PLFeEUIE AR a TNS
modul e for cal cul atthegsagnenes@gygwei ght ed spectrum the TNS nodul e bei ng
configured to performa cal cul ation
wherein the representing means for taking the logarithm is
configqured to process the representation with the
logarithm not taken of the calculation result such that
the scaled representation with the logarithm taken
corresponds to a y-bit representation of the logarithm
dualis of the y bits of the representation with the
logarithm not taken of the calculation result divided by
64, and the rescaling means 1is configured to add to the
scaled representation with the logarithm taken or subtract
thereof an amount corresponding to the logarithm dualis of
the effective séaling factor divided by 64; and

a TNS module for calculating an energy-weighted spectrum,
the TNS module being configured to perform a calculation
of a function inverse to the logarithm function, applied
to (-SE »>» 1), wherein SE designate the signal energy of
the predetermined spectral group, and “>> 1" designate a
shift to the right by 1 bit;

a module for performing a calculation of SEI - ((SE2 +
SE3) >> 1), wherein SEl is the signal energy of the
predetermined signal group, and SE2 and SE3 are further
spectral group signal energies, and “>> 1” designate a
shift to the right by 1 bit; and



of a function inverse to the logarithmfunction, applied to (-SE >> 1),
wherein SE designate the signal energy of the predeterm ned spectral
group, and ">> 1" designate a shift to the right by 1 bit; a nodule for
performng a calculation of SE1 - ((SE2 + SE3) >> 1), wherein SE1l is the
signal energy of the predeterm ned si4dnal group, and SE2 and SE3 are
further spectral group signal energies, and ">> 1" designate a shift to
the right by 1 bit; and 42 a scale factor estimator for cal culating scale

fact Olrs SCF  f @radp lf_)act%foﬁk(t%_)n’é@é;f(ﬁdﬂs cal_%%)tai:ﬁ)hgté&d%p]?abtefs Barp

si gnal energi es, erei.n e sjgnal _energy Q e

predet er m ned g‘b’é\é\i]‘?ga Jgrto ‘ﬁa}gg‘?‘ﬁ &PIS{]@déEfqo?gog %glgm%rgﬁc%%arﬁ%urﬁ VHS be
the |istening sigreshendrghes, Whereah $Ftdedimnateghne t4ianadk enevgy P he
'O?ar: t[‘.m fungfd Oglreaaﬁieﬁiin%da Sonshant -%é&p,An“_?éﬁié)O egca ng?_fret,mod for
cal culating a signal energy. conprisjng: deconposing an_info ion

anpl i tude si gn@PMRGR ologHE Al MHSheRe éHEh%s‘?é(?PFﬁ Itihﬁgsé%%%‘railgi g a
sequence of speeinal wdlthestpe esksgariinthan xaken wigpr esdnt atpoariditth t he

| ogarit hm not f&ﬁ%ﬁhon?”gn&hg:n§ echh@lald nes being classified into

different spectral groups; performng, for a predeterm ned one of the
spectral groups, a squaring at the x-bit representation wwth the

| ogarit hmpot amkeuwiind eacdiagpenttidd vebdiriecalrulatdey tosébhal nesera@mspective
squar ed spectrgal. valye. . and a summation at the squared spectral values in
order to obtain sum gf squares as a calculation result in a
representation with the | ogarithmnot taken, wherein said performance is
ef fected such that detbapseiMeseant aihbormdtiort hanpbitwdd hmigoslt alagre of the

cal culation result sipﬁcts.fgi eqi\ﬁetsb a@a&fxf %eic\é?al line comprising a
sequence of spectral values present in an x-bit
representation with the logarithm not taken, and the
spectral lines being <classified into different

spectral groups;

performing, for a predetermined one of the spectral
groups, a sguaring at the x-bit representation with
the logarithm not taken of each spectral value in
order to obtain a respective squared spectral value,
and a summation at the squared spectral values in
order to obtain a sum of squares as a calculation
result in a representation with the logarithm not
taken, wherein said performance is effected such that
the representation with the logarithm not taken of
the calculation result is scaled with an effective

scaling factor;

applying a logarithm function to y bits of the
representation with the logarithm not taken of the
calculation result in order to obtain a scaled
representation with the logarithm taken of the
calculation result, wherein y is less than 2 times X;
and



scaling factor; applying a logarithmfunction to y bits of the
representation with the | ogarithmnot taken of the calculation result in
order to obtain a scaled representation with the logarithmtaken of the
calculation result, whereiny is less than 2 tines x; and 43 adding or
subtracting a correction value to or fPom respectively the scal ed

| ogarithm c representation, the value corresponding to the |ogarithm
function applied to the effective scaling factor, in order to obtain a
representation VMtladahﬂglega&hbtwaduihgnaohorthett@mCtdkud(nm rogs Aromas t he

si gnal energy, wherein PJé’l ngtﬁ%h JE (g]#g YRl on-ebseREREANRA such

that the scal ed reprege ati hm t aken. corres onds to a
y-bit representati ¢heofvalye I@g‘ﬁ?ﬂ@ﬁﬁiﬂl%al s "d?e t ARIIE KT b
representation wtRpbheeal gatid Fwﬂf@etﬂr@kmm‘ng faccak culmt dwder asul t

di vi ded by 64, and addi ng or subtracting j;§,PehLon fueh dhat, ¥ anount
correspondi ng to t kB f’% QYafi CHRTGUE |§ of h %HEeét \%5 scaling factor

di vided by 64 is adtedcabcu¥asiopcupedlty @f?r é—§én§aﬂl§)¥1 SfEFAYt he | ogarithm
taken or subtracted thereof; and cal cul ating an energy-wei ghted spectrum

the TNS nodul e _ bei.ng configured t a caJ ul.ati & fHRgtion
i nverse to the"1g§ary Pﬁ'Pr? erb% lof?%ﬁflrzﬁ‘an%umft % %Qfm\merel n SE
desi gnate the tshag:naihaarma@;ed)frﬁtmesepteﬁmrerWf-?ﬂédtbﬁeéf’%ﬂ{lfd}“bu‘iﬁke&hd " >>

gﬂdes' gggtze 3cc§Ex§:' fsbon@lQ tt'@)\?me(' thtntDYrépPééeﬁlt&Q:&Bﬂr rﬂfngthi?e Cabga&ﬁihuon of

pr edet g m ne(J:Ir & %ﬁm Oér S5, ﬁ@lgﬁg%%'d gtﬁ3e%$iar%1s %%eggr al —gr oup

signal ener gi elngaandhih>not" teken gaht tha <S¢|1¢ulatt(;0@hé’eﬁpbﬁtdl‘b3ﬂ@ Bitt; and
64, and adding or subtracting is performed such that an
amount corresponding to the logarithm dualis of the
effective scaling factor divided by 64 is added to the
scaled representation with the logarithm taken or

subtracted thereof; and

calculating an energy-weighted spectrum, the TNS module
being configured to perform a calculation of a function
inverse to the logarithm function, applied to (-SE >> 1),
wherein SE designate the signal energy of the
predetermined spectral group, and “>> 17 designate a shift
to the right by 1 bit;

performing a calculation of SE1 - ((SE2 + SE3) >> 1),
wherein SE1 is the signal energy of the predetermined
signal group, and SE2 and SE3 are further spectral group
signal energies, and “»>> 1” designate a shift to the right
by 1 bit; and

calculating scale factors SCF for log(k) + log(2)*64* (MHS
- SE) for the spectral group signal energies, wherein SE
designate the signal energy of the predetermined spectral
group, “log()” stand for a common logarithm, MHS be the
listening threshold in a format with the logarithm taken
with the logarithm function, and k is a constant.



calculating scale factors SCF for log(k) + log(2)*64*(MHS - SE) for the
spectral group signal energies, wherein SE designate the signal energy of
the predeterm ned spectral group, "log()" stand for a common | ogarithm
MHS be the Ilistening threshold in a fgrmat with the logarithmtaken wth
the logarithmfunction, and k is a constant. 44 20. Conputer programwth
a program code for performng the nmethod according to any one of clainms 17

or 19, when the conputer programruns on a conputer
20. Computer program with a program code for performing the

method according to any one of claims 17 or 12, when the
computer program runs on a computer.



